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DETAILED ACTION 
Claim Rejections - 35 USC § 103 

1 . The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

2. Claims 1-3, 5-10, 12-14, and 16-17 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Mokbel et al. (US 5905969) in view of Im et al. (US 5805696). 

3. Regarding claim 1 , Mokbel et al. disclose a voice feature extraction device 
comprising: a noise reduction system coefficient calculation unit that calculates 
adaptation filter parameters based on the LMS error between the reference signal and 
the input signal (coL 5, line 61 to col. 6, line 36), and an input voice power spectrum 
calculation unit that calculates a power spectrum vector of a power spectrum signal 
produced from an input voice signal (figure 2, particularly elements 1000 and 1003), 
wherein the noise reduction system that is set to the coefficient calculated by the noise 
reduction system coefficient calculation unit executes a noise reduction processing on 
the power spectrum vector (element 30 of figure 3a or referring to col. 5, lines 61-67). 

Mokbel et al. fail to specifically disclose that the noise reduction system 
coefficient calculation unit that adds a simulated voice signal to a surrounding signal, 
and calculates a noise reduction system coefficient of a noise reduction system. 
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However, Im et al. teach that the noise reduction system coefficient calculation unit that 
adds a simulated voice signal to a surrounding signal, and calculates a noise reduction 
system coefficient of a noise reduction system (figures 3 and 4). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to modify Mokbel et al. by incorporating the teaching of Im et al. in 
order to calculate and update filter coefficients to appropriately reduce the noise 
corrupting the signal. 

4. Regarding claim 8, Mokbel et al. disclose a voice feature extraction device 
comprising: a noise reduction system coefficient calculation unit that calculates 
adaptation filter parameters based on the LMS error between the reference signal and 
the input signal {col. 5, line 61 to col. 6, line 36), and a microphone that collects an input 
voice signal of a user (a microphone is inherently needed in converting acoustic sound 
to electrical signal s(n) in figure 2), a window function operation unit that samples the 
voice signal received by the microphone, and prevents generation of high frequency 
components caused by a data jump at intervals of each frame (coL 4, lines 21-35), an 
input voice power spectrum calculation unit that calculates a power spectrum vector of 
the input voice signal processed by the window function operation unit (figure 2, 
particularly elements 1000 and 1003), and a noise reduction system that is set to the 
coefficient calculated by the noise reduction system coefficient calculation unit, and 
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executes a noise reduction processing on the power spectrum vector (element 30 of 
figure 3a or referring to col. 5, lines 61-67). 

Mokbel et al. fail to specifically disclose that the noise reduction system 
coefficient calculation unit that adds a simulated voice signal to a surrounding signal, 
and calculates a noise reduction system coefficient of a noise reduction system. 
However, Im et al. teach that the noise reduction system coefficient calculation unit that 
adds a simulated voice signal to a surrounding signal, and calculates a noise reduction 
system coefficient of a noise reduction system (figures 3 and 4). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to modify Mokbel et al. by incorporating the teaching of Im et al. in 
order to calculate and update filter coefficients to appropriately reduce the noise 
corrupting the signal. 

5. Regarding claim 12, Mokbel et al. disclose a method of extracting voice features 
comprising: calculating a noise reduction system coefficient of a noise reduction system 
to be used (col. 5, line 53 to col. 6, line 35), and calculating a power spectrum vector of 
a power spectrum signal produced from an input voice signal (figure 2, particularly 
elements 1000 and 1003), wherein the noise reduction system that is set to the 
calculated noise reduction system coefficient executes noise reduction processing on 
the power spectrum vector, and extracts the voice features (element 30 of figure 3a or 
referring to col. 5, lines 61-67). Mokbel et al. fail to specifically disclose that the step of 
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adding a simulated voice signal to a surrounding signal. However, Im et al. teach the 
step of adding a simulated voice signal to a surrounding signal (figures 3 and 4). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to further modify Mokbel et al. by incorporating the teaching of Im 
et al. in order to calculate the error criterion and the corresponding filter coefficients to 
enhance the noise suppression capability. 

6. Regarding claims 2, 9, and 13, Mokbel et al. further disclose a voice feature 
extraction device and method as claimed in claims 1, 8, and 10, wherein the noise 
reduction system coefficient calculation unit includes a filter coefficient calculation unit 
that determines a filter coefficient of the noise reduction system to be used, and a power 
calculation unit that converts the filter coefficient acquired by the filter coefficient 
calculation unit into the power spectrum vector (col. 7, lines 22-55). 

7. Regarding claims 3, 10, and 14, Mokbel et al. fail to specifically disclose a voice 
feature extraction device and method as claimed in claims 2, 9, and 12, wherein the 
filter coefficient calculation unit executes an adaptive control to a signal having an input 
voice signal and a simulated voice signal added, and obtains a tap coefficient to thereby 
calculate the filter coefficient. However, Im et al. further teach the step of adaptively 
controlling a signal having the input surrounding signal and the simulated voice signal 
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added, and obtains a tap coefficient to thereby calculate the filter coefficient (element 20 
in figure 3, note that T(z) is the added signal). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to further modify Mokbel et al. by incorporating the teaching of Im 
et al. in order to calculate and update filter coefficients to appropriately reduce the noise 
corrupting the signal. 

8. Regarding claims 5-7, the modified Mokbel et al. fail to specifically disclose a 
voice feature extraction device as claimed in claim 1, wherein the voice feature 
extraction device is applied to a voice recognition device of a vehicle navigation system, 
a speaker recognition device, and a loudness compensation system. However, the 
examiner takes official notice that the application of the noise suppression system or 
speech enhancement system in the voice recognition device of a vehicle navigation 
system, the speaker recognition device, and the loudness compensation system is well 
known to a person of ordinary skill in the art. The advantage of using the noise 
suppression system or speech enhancement system in the voice recognition device of a 
vehicle navigation system, the speaker recognition device, and the loudness 
compensation system is to remove noise before voice/speaker recognition to enhance 
the recognition accuracy. 
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9. Regarding claim 16, Mokbel et al. disclose a method of extracting voice features 
comprising: calculating a noise reduction system coefficient of a noise reduction system 
(col. 5, line 53 to col. 6, line 35), and sampling an input voice signal received by a 
microphone (coL 4, lines 21-35), executing processing to prevent generation of high 
frequency components of the input voice signal sampled (coL 4, lines 21-35), calculating 
a power spectrum vector of a power spectrum signal produced from the input voice 
signal that is processed to prevent generation of high frequency components (figure 2, 
particularly elements 1000 and 1003), and calculating a voice feature from the power 
spectrum vector via the noise reduction system that is set to the calculated noise 
reduction system coefficient (element 30 of figure 3a or referring to col. 5, lines 61-67). 
Mokbel et al. fail to specifically disclose that the step of adding a simulated voice signal 
to a surrounding signal. However, Im et al. teach the step of adding a simulated voice 
signal to a surrounding signal (figures 3 and 4). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to further modify Mokbel et al. by incorporating the teaching of Im 
et al. in order to calculate the error criterion and the corresponding filter coefficients to 
enhance the noise suppression capability. 

10. Regarding claim 17, Mokbel et al. further disclose a method of extracting voice 
features as claimed in claim 16, wherein the noise reduction system coefficient is 
attained by: receiving an input voice signal and executing an adaptive control to the 
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received signal (figures 3a and 3c) and applying a fast Fourier transform to the filter 
coefficient to thereby calculate the power spectrum vector (col. 7, lines 22-55). Mokbel 
et al. fail to specifically disclose the step of executing an adaptive control to the added 
signal to thereby calculate a filter coefficient. However, Im et al. further teach the step 
of executing an adaptive control to the added signal to thereby calculate a filter 
coefficient (element 20 in figure 4). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 
the time of invention to further modify Mokbel et al. by incorporating the teaching of Im 
et al. in order to calculate and update filter coefficients to appropriately reduce the noise 
corrupting the signal. 

11. Claims 4, 11, 15, and 18 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Mokbel et al. (US 5905969) in view of Im et al. (US 5805696), and 
further in view of Haykin et al. (US 50271 23). 

12. Regarding claim 18, Mokbel et al. disclose a voice feature extraction device 
comprising: a microphone that receives a surrounding signal (inherently included in the 
system)] a noise reduction system coefficient calculation unit that calculates adaptation 
filter parameters based on the LMS error between the reference signal and the input 
signal (col. 5, line 61 to col. 6, line 36); an FFT operation unit that executes a fast 
Fourier transform on the filter coefficient obtained by the adaptive control of the adaptive 
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filter (col. 7, lines 22-55)\ a power calculation unit that calculates a power spectrum 
vector from a power spectrum signal calculated by the FFT operation unit (figure 2, 
particularly elements 1000 and 1003)\ and a noise reduction system having the power 
spectrum vector calculated by the power calculation unit set as a noise reduction 
coefficient (element 30 of figure 3a or referring to col. 5, lines 61-67). 

Mokbel et al. fail to specifically disclose a simulated voice signal generation unit 
that generates a simulated voice signal; a gain adjustment unit that adjusts a gain of the 
simulated voice signal; an adder that adds the surrounding signal collected by the 
microphone and the gain-adjusted simulated voice signal; a delay processing unit that 
delays the gain-adjusted simulated voice signal by a predetermined time; an adaptive 
filter that executes an adaptive control on the basis of the signal added by the adder 
and the simulated voice signal delayed by the delay processing unit, and generates a 
filter coefficient. 

Im et al. teach a device comprising: a simulated voice signal generation unit that 
generates a simulated voice signal (Training Sequence Generator 34 in figure 3); an 
adder that adds the surrounding signal collected by the microphone and the gain- 
adjusted simulated voice signal (Adder 30 in figure 3); an adaptive filter that executes 
an adaptive control on the basis of the signal added by the adder and the simulated 
voice signal delayed by the delay processing unit, and generates a filter coefficient 
(element 20 and 28 figure 3). 

Since Mokbel et al. and Im et al. are analogous art because they are from the 
same field of endeavor, it would have been obvious to one of ordinary skill in the art at 



Application/Control Number: 09/891 ,876 Page 10 

Art Unit: 2655 

the time of invention to modify Mokbel et al. by incorporating the teaching of Im et al. in 
order to calculate and update filter coefficients to appropriately reduce the noise 
corrupting the signal. 

The modified Mokbel et al. still fail to specifically disclose a gain adjustment unit 
that adjusts a gain of the simulated voice signal, and a delay-processing unit that delays 
the gain-adjusted simulated voice signal by a predetermined time. However, Haykin et 
al. teach a gain adjustment unit that adjusts a gain of the simulated voice signal 
(element 33 of figure 4), and a delay-processing unit that delays the gain-adjusted 
simulated voice signal by a predetermined time (element 27, 31, 33, 35, and 37 of figure 
4 together forms a delay unit). 

Since the modified Mokbel et al. and Haykin et al. are analogous art because 
they are from the same field of endeavor, it would have been obvious to one of ordinary 
skill in the art at the time of invention to further modify Mokbel et al. by incorporating the 
teaching of Haykin et al. in order to control the simulated voice signal to achieve a 
precise calculation of filter coefficients. 

1 3. Regarding claims 4,11, and 1 5, the modified Mokbel et al. further disclose a 
voice feature extraction device as claimed in claims 3, 9, and 14, wherein the filter 
coefficient calculation unit executes an adaptive control to a signal having the input 
voice signal and simulated voice signal added, and determines a tap coefficient to 
thereby calculate the filter coefficient (see figure 3 in Im et a/.). The modified Mokbel et 
al. fail to specifically disclose a specific gain adjustment on the simulated voice signal. 
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However, Haykin et al. a specific gain adjustment on the simulated voice signal 
(element 33 of figure 4). 

Since the modified Mokbel et al. and Haykin et al. are analogous art because 
they are from the same field of endeavor, it would have been obvious to one of ordinary 
skill in the art at the time of invention to further modify Mokbel et.al. by incorporating the 
teaching of Haykin et al. in order to control the simulated voice signal to achieve a 
precise calculation of filter coefficients. 

Conclusion 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Huyen Vo whose telephone number is 703-305-8665. 
The examiner can normally be reached on M-F, 9-5:30. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Doris To can be reached on 703-305-4827. The fax phone number for the 
organization where this application or proceeding is assigned is 703-872-9306. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). 
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Examiner Huyen X. Vo January 3, 2005 
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